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(54) Method for coding/decoding of a digital signal 

(57) The invention concerns a method for primary 
processing a digital signal comprising the steps of : 



providing a digital signal to a primary processing 
unit ; 

primary processing said signal with said primary 
processing unit according to a plurality of primary 
processing algorithms to provide primary proc- 
essed output signals, 

determining statistics of use of at least one of said 
primary processing algorithms, 
providing a digital statistics signal representative of 
said statistics for each of said primary processed 
output signals 

associating to each of said primary processed out- 
put signals its own statistics signal ; 
determining a complexity primary processing infor- 
mation signal based on said statistic signal. 
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Description 

DEFINITION OF THE INVENTION 

5 [0001] The present invention is a processing apparatus which aims at controlling and guaranteeing the real-time per- 
formance of data processing. The invention is based on the principle of collecting statistics of the algorithms used to 
process the data, on transmitting such statistics when necessary, and of associating a complexity information to such 
statistics. The real-time processing control can be done generating a processing time prediction signal which is a func- 
tion of the complexity information, and use such prediction signal to provide processing resources which guarantee 

io real-time processing or enables the definition of an associated degraded processing that guarantees real-time process- 
ing. Although the described invention is of general application, this document describes its application to video coding 
and decoding and suggests the straightforward extensions to audio coding-decoding, and to composition and rendering 
of media objects. 

15 1. FIELD OF THE INVENTION 

[0002] The implementation of software based video/audio decoders is an advantageous solution over traditional ded- 
icated hardware systems. The main reason of this fact is the possibility of decoding several different video/audio com- 
pression standards, at different levels and profiles, by just changing the software while using the same hardware 
20 platform, main memory, and interfaces. Another favorable feature is the flexibility of the decoder able to cope with new 
developments and new tools included into future versions of the standards by just updating the decoding software. 
However, simultaneously guaranteeing real-time performance, needed when processing video/audio bit-streams, and 
an efficient use of the processing power, remains a very difficult task. 

[0003] The present invention reports the main reasons of such difficulties and presents a new technique able to pre- 

25 diet the decoding time of compressed video/audio bit-streams without the need of the actual decoding. This can be 
obtained if appropriate statistical information about the actual encoding processing is included and transmitted with the 
compressed video/audio data. Moreover, the present invention reports how such results can be used to implement new 
efficient processing resource allocation strategies. New possible schemes of such intelligent interactions between the 
encoder and the real-time OS are also proposed. An example of implementation for the MPEG-4 VM6 video algorithm 

30 based on these developments is presented. This implementation enables, at the same time, to guarantee real time per- 
formances even when the available processing resources are lower than the one theoretically necessary, and it yields 
optimal (minimal) image quality degradation. Such results are obtained by using the prediction of the decoding- 
resource needs to implement Computational Graceful Degradation techniques. The invention only reports simulation 
results for the MPEG-4 VM6.1 video compression algorithm, but the techniques and concepts presented here are of 

35 general application. Indeed, these techniques can be easily applied to audio coding, synthetic audio reproduction and 
to any future or existing compression and composition method. More precisely, they can be used for any video com- 
pression standard that is capable of transmitting in an appropriate form the statistical coding information (i.e. MPEG-1 
and MPEG-2 using an appropriate transport system), and they can be implemented in any processor-based platform. 
[0004] The present description is organized as follows. Section 2 discusses the problems and utility of defining and 

40 using worst case and average case complexities, justifying the need of complexity prediction. Section 3 presents the 
modeling of decoding complexity and the general principles of the prediction techniques. Section 4 presents the back- 
ground of the invention. Section 5 summarizes the main concepts of the invention while section 6 summarizes the con- 
tent of the diagrams and drawings illustrating the details and main characteristics of the invention. 
[0005] In section 7, experimental results of the MPEG-4 VM6 texture coding algorithm are reported. Section 8 

45 presents the definition of the proposed intelligent interactions between real-time OS-schedulers and video decoders. 
Section 9 presents the basic principles and the definition of the developed Computational Graceful Degradation (CGD) 
techniques, and section 1 0 reports overall experimental results of the control of decoding complexity using complexity 
prediction joint with the application of CDG techniques. Finally, section 1 1 concludes the description of the invention, 
summarizing the achievements of the invention by declaring the corresponding claims. 

so 

2. WORST-CASE AND AVERAGE-CASE DECODING COMPLEXITY 

[0006] A simple solution to the problem of the variability of decoding complexity is to implement software/hardware 
solutions that always guarantee worst case complexity decoding. Such solutions are, in fact, the ones implicitly imple- 
55 mented in most of the dedicated hardware decoders. Dedicated hardware platforms, in general, are designed to guar- 
antee worst case complexity decoding. The various hardware modules implementing the different decoding procedures 
are synchronized with the input/output data rate. These dedicated hardware modules can always handle any input bit- 
stream, not exceeding a maximum rate, and containing compressed sequences of appropriate maximum image reso- 
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lutions. This can be always guaranteed, irrespectively from the coding options selected to produce the compressed bit- 
stream. 

[0007] In contrast, in the case of programmable platforms it is necessary to define what is a worst case decoding com- 
plexity. Let us consider video coding even if the same concept can be extended to natural and synthetic audio and to 

5 other form of multimedia processing. In the video compressing field one can assume that the worst case decoding com- 
plexity is represented by the decoding of each bit/macroblock, using the coding options allowed by the considered 
standard that requires the highest decoding time. The coding algorithms/modes of H.263 can be approximately consid- 
ered as a superset of the algorithms/modes of the various video compression standards (H.261 , MPEG-1 and MPEG- 
2). The complete results and details of this worst-case/average-case study are omitted here for brevity. The conclusions 

10 resulting from this analysis can be summarized as follows : 

1) Decoding functions can be divided into two classes. For one class a worst case can be easily defined. Let us 
denote this class as A. To this class belong function such as IDCT, inverse quantisation, motion compensated pre- 
diction in its various form (forward, backward, bi-directional, overlapped ... .). For the other class denoted as class 

15 B, complexity is extremely data dependent and cannot be easily characterized by the simple parameters of an 
hypothetical MPEG-2 like complexity profile. To this class belong operations such as VLD, VLC coding, Syntax- 
based Arithmetic Coding (SAC) and in general all parsing operations. The difficulty of defining a worst case is evi- 
dent considering for instance SAC for which the difference between a theoretical worst-case and experimental 
cases is about two orders of magnitude. 

so 2) A strict worst case complexity analysis, of both class A and B functions, leads to unrealistic results. In other 
words, the computational resources necessary to handle the strict worst-case complexity decoding is much higher 
than the resources used in average. 

3) For class A functions, the actual decoding complexity depends on the actual coding options and reports a large 
range of variability. 

25 4) For class B functions, the actual decoding complexity reports a dependence on coding options, but presents a 
reasonably narrow range of variability which is much lower than the range theoretical worst case-average case. 

[0008] Worst case analysis, therefore, is not adequate to define a useful decoding complexity reference. This fact is 
true not only for operations which are strongly data dependent (class B), but in general for all functions even those that 

30 have a very well defined worst case such as all class A functions. From these results it is clear that guaranteeing a worst 
case decoding implies guaranteeing the decoding of pathologically complex sequences that in practice have an 
extremely low probability of occurrence. Moreover, such a guarantee would imply the allocation of a processing power 
up to two orders of magnitude higher than the one actually needed for the decoding of the standard test sequences. 
The processor in practice would work in normal conditions exploiting only a small fraction of the theoretically available 

35 processing power. Such solution to the problem of guaranteeing real-time performance is not economical and, obvi- 
ously, not useful in practical applications. 

[0009] Another possibility for the solution of the problem of guaranteeing real-time performance could be to consider 
as reference an average case decoding complexity. Before being able to successfully use such average complexity, a 
few questions need to be answered. Is it meaningful to define an average complexity? How can it be done? Is the aver- 
40 age complexity sequence dependent? How can it be converted on different platforms? Can the average complexity 
accurately be described by parameters such as image resolution and bit-rate? Are average results characterized by suf- 
ficiently narrow variance bounds so as they can be used a priori without the need of knowing some information about 
the actual complexity of the incoming sequence? 

[001 0] One will here briefly summarize the main results and experiments that answer the mentioned questions. So as 
45 to try to define an average case for the complexity that have been considered in previously, the H.263 standard uses 
four typical test sequences over a wide bit-rate range from 1 6 kbit/sec up to 1 024 kbit/sec. The sequences in CIF format 
are : Akiyo (300 frames), Coastguard (300 frames), Foreman (300 frames) and Mobile & Calendar (300 frames), and 
all these test sequences have been evaluated at fifteen different bit-rate values. Although a rigorous statistical analysis 
would have required a much higher number of sequences and specific statistical confidence tests, it is believed that the 
50 number of frames ( 1 200) and the different contents of the test images are well representative of typical image sequence 
contents. One have considered separately the operations that have unrealistic worst case complexities (class B) from 
the one with a well-defined worst case behavior (class A). The experiments, for the class B operations, yield figures that 
are not strongly bit-rate dependent. Variance bounds for each frame are relatively narrow and these values do not 
report relevant variations depending on the test sequence. Such results confirm also the fact that it is not necessary to 
55 worry about strict worst case complexity. In the other case of class A, the complexity of the operations reports a rela- 
. tively regular statistical behavior at very low bit-rates (< 16 kb/s), but complexity reports dependence on the bit-rate, on 
the image content and in particular on the used encoding options. 

[001 1 ] Figure 1 reports one example of H.263 complexity using different coding options for the same sequence (Akyi° 
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CIF) and same bit-rate. On this figure, the decoding time or decoding complexity (expressed in jisec) is given versus 
the frame number for the sequence Akyio CIF encoded with H.263 at 128 Kb/sec using different coding options. Top 
curve options : advanced prediction modes (APM), syntax-based arithmetic coding and unrestricted motion vectors 
(UMV) ; middle curve options : APM and UMV ; bottom curve options : UMV. The same sequence presents, at the same 
bit-rate, average-decoding complexities that range up to a factor 4 (from about 0.05 to 0.2 sec per frame). Local fluctu- 
ations for a relatively static sequence such as Akyio are also considerably large. The decoder is the Telenor H.263 soft- 
ware release running on a Sun Ultrasparc platform. 

[001 2] Figure 2 reports the same experiment for the sequence Coastguard. The range of the complexity figures con- 
sidering both average and local values is very large as can be easily noticed. On this figure, decoding time or decoding 
complexity (expressed in msec) is given versus frame number for the sequence Coastguard encoded with H.263 at 1 28 
Kb/sec using different coding options. Top curve : advanced prediction modes (APM), syntactic arithmetic coding and 
unrestricted motion vectors (UMV) ; middle curve APM and UMV ; bottom curve : UMV. The same sequence at the 
same bit-rate has average decoding complexities that range within a factor 4 from about 0.05 to 0.2 sec per frame. The 
decoder is the Telenor H.263 software release on a Sun Ultrasparc platform. 

[001 3] Although far from the theoretical worst case complexities, the variation range is less than one order of magni- 
tude, experimental results reports behaviors for which it is difficult to be able to predict the average complexity values 
only relying on resolution and bit-rate. Image content and coding options (i.e. intra or inter prediction modes, advanced 
prediction modes, half pixel vector prediction and so on) play a fundamental role. As it will be reported in the next sec- 
tions, the situation of the complexity variations for MPEG-4 sequences is much higher due to the presence of different 
sized VOPs arbitrarily shaped objects, of static and dynamic sprites, and the large variety of coding modes. 
[0014] From a pure mathematical point of view an average complexity value can always be defined considering a 
large data-base of encoded sequences and using the more probable occurrence of encoding options. Conversely, such 
a theoretical average value is not useful at all for the aim of the present invention that is the efficient scheduling of each 
decoding task and the efficient use of the available processing power. Even the local average values of the actual 
sequence often are not stationary, and their variations around the mathematical average one are so unpredictable that 
no useful scheduling policy can be realized. 

[0015] Therefore, the consequences of this study are that straightforward solutions to the problem of real-time 
resource allocation policy are of two kinds. The first is a sustained over-sizing of the processing resources. The second 
is to accept interruptions of the audio/video output stream when the needed decoding resources exceed the ones avail- 
able on the system. Obviously, both are not desirable being respectively not efficient and economical, or they provide a 
quality of the services which may easily results perceptually unacceptable. 

[001 6] The ideal solution would be to develop techniques that are able to accurately predict such unknown behaviors 
and, therefore, make feasible resource allocation policies that can guarantee real-time and minimize QoS degradation. 
[001 7] The description of such techniques and the presentation of the results are the subjects of the next sections. 
[0018] As discussed above, the key issue for the implementation of any real-time application on a software-based 
platform is to be able to understand when the required decoding processing time exceeds the available processing time 
without the need of performing the actual decoding. This is particularly important, for instance, in MPEG-4 systems in 
which a number of bit-streams containing a variable number of VOPs and sprites need to be decoded respecting real- 
time constraints, but it is also important for existing compression standards (MPEG-1 , MPEG-2). The available process- 
ing time is known, in general, because it is allocated by the OS-scheduler to each decoding process. The problem is 
how to estimate the necessary decoding processing requirements without the need of an actual decoding of each of 
the incoming VOP bit-streams. Decoding each bit-stream using a priori allocated processing could result in exceeding 
the time slot and, therefore, in missing real-time requirements. Real-time requirements are generally defined implicitly 
by the frame/sampling rate of video audio bit-streams or can be easily extracted by an appropriate relative time infor- 
mation associated to each video frame or audio object (also denoted as time stamp). Such extraction of the real-time 
constraints is trivial and is not discussed here. The consequence of missing real-time constraints is the introduction of 
sudden interruptions on the video content. A complete analysis of the conditions which lead to miss real time-con- 
straints for the various OS scheduling algorithm (pre-emptive multi-threading, etc.) is out of the scope of this document 
and it is not discussed here. The reader can refer to the included reference S. Battista, F. Gasperoni, B. Klaiber, M. Mat- 
tavelli, L Pautet, S. Tardieu, Concurrent over Sequential Modeling for MSDL, ISO/IEC JTC1/SC29/WG1 1 , Doc. M1525 
Maceio, Brazil. November 1996 incorporated herein by reference. 

3. BACKGROUND OF THE INVENTION 

[001 9] Without any doubt, the recent trend in multimedia system implementation technology is towards moving from 
dedicated real-time hardware to software/processor based platforms. The processing power of the last on the market 
processors, and of the newly announced video/audio-processor families, enables the software implementation of 
video/audio decoding of various compression standards and different resolution levels. Unfortunately, simply relying on 
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the average processing power does not guarantee to respect real-time constraints of video/audio decoding ; further- 
more it does not solve the problem of an efficient processing resource allocation. The fundamental reason of these facts 
is that the complexity of the video/audio decoding process is a fluctuating function of the time, as described in M. Mat- 
tavelli and S. Brunetton, A statistical study of MPEG-4 VM texture decoding complexity, ISO/IEC JTC1/SC29/WG11. 

s Doc. M924, Tampere Finland, July 1996 incorporated herein by reference. 

[0020] The term complexity here simply means the time needed by the decoding process. Other more abstract meas- 
ures of complexity such as the amount and type of executed algorithmic elementary operations, the executed processor 
cycles, the amount of memory transfers to and from the external frame memories, and their combinations could be used 
as more precise and specific complexity measures. In the context of the present invention however, one is interested on 

io the final results of these complexity factors. Without any loss of generality, one can consider, for any specific target soft- 
ware-hardware implementation, the actual processor decoding time. Indeed all the above mentioned measures of com- 
plexity can be converted for each specific platform into a single complexity measure given by the execution time. 
[0021 ] Even by considering a specific processor platform or a specific compression standard with a relative level and 
profile, the complexity of video decoding is a variable and unpredictable quantity, as described in ISO/IEC MPEG2 

is incorporated herein by reference. The actual figures of decoding complexity depend in a complex way on many different 
factors. One can mention, for instance, the actual bit-rate, the image content, the options used for encoding, the Group 
Of Picture (GOP) structure, or the Group Of Video Object Planes (noted as VOP) structure (GOV) which can change 
on the fly, the state of the buffer that controls the quantization parameters and many others, as described in M. Mat- 
tavelli and S. Brunetton, Scalability of MPEG-4 VM based on the computational power of texture decoding, ISO/IEC 

so JTC1/SC29/WG1 1 , Doc. M925, Tampere, Finland, July 1 996 incorporated herein by reference. 

[0022] The complexity variability range increases with the richness of the standard. Richness means the number of 
implemented coding algorithms or coding modes and the number of possible coding options having different complex- 
ities. For instance, the richness of H.263 is much higher than H.261 , but it is lower than the new MPEG-4 standard 
under development where multiple Video Object Planes (VOPs) of different sizes and characteristics need to be 

25 decoded. 

[0023] In this description. Video Object (VO) means a temporal sequence of two-dimensional or three-dimensional 
arbitrarily shaped Video Object Planes (VOP). In case of rectangular or square shapes, these video object planes, also 
called hereinafter video planes, are denoted by the classical name of frames. An audio object means a stream of pack- 
ets containing digital audio samples, or audio events in mono or multichannel format which can be associated to a VO. 
30 One or more audio packets can be associated to one VOP or video frame. By three-dimensional arbitrarily shaped 
video object planes we mean the projection or view of any three-dimensional natural or synthetic 3-dimensional object 
or 3-dimensional model. 

In summary, the processor decoding time of each incoming frame or VOP for any given compression standard is highly 
variable and impossible to predict just relying on resolution and bit-rate information. Therefore, an efficient resource 

35 allocation policy (process scheduling) which aims at guaranteeing real-time performances is very difficult in these con- 
ditions. Scheduling policies that release the thread to the decoding process and receive it back after the task is com- 
pleted are clearly not adequate. The same conclusion is true for a priori allocated processing time intervals. If more 
processing time than the one actually allocated is needed, real-time constraints are already violated by the video appli- 
cation. The implementation of emergency measures such as skipping frames or portions of images, on one hand might 

40 succeed in recovering the correct timing, on the other could have catastrophic effects on the Quality of Services (QoS) 
of the video application. 

4. SUMMARY OF THE INVENTION 

45 [0024] It is an object of the present invention to control and to guarantee real-time performance of data processing. It 
is another object of the present invention to provide a processing apparatus that associates a complexity information to 
the processed data. 

[0025] It is another object of the present invention to provide a coding-decoding apparatus that further includes the 
associated complexity information to be transmitted to the decoder. : 
so [0026] It is another object of the present invention to provide a system that, on the basis of said complexity informa- 
tion, provides a complexity prediction signal to be used to allocate processing resources to optimize real-time data 
processing. 

[0027] It is another object of the present invention to provide a processing system that supervises the processing 
using an allocated resource signal, a predicted complexity signal, a complexity information signal and provide a 
55 processing that satisfy specified real-time constraints. According to the present invention, there is provided a process- 
ing apparatus comprising a method for processing a digital signal including the steps of : providing a digital signal, 
processing said signal using a plurality of processing algorithms, determining statistics of use of processing algorithms, 
providing a digital statistical signal representative of the statistics, associating to each of the processed signal its own 
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associated statistics and determining a complexity information signal based on said statistic signal. 
[0028] According to the present invention, there is also provided a coding apparatus that further inserts the said com- 
plexity information signal into a transmission layer containing or not the associated data and transmits the said com- 
plexity information to a decoder apparatus. 
5 [0029] According to the present invention, there is also provided a processing apparatus that generates from the com- 
plexity information signal a processing prediction signal which is used to allocate processing resources in order to opti- 
mize the real-time processing of the associated data. 

[0030] According to the present invention, there is also provided a processing apparatus that receives the processing 
prediction signal, the allocated processing resources and the complexity information signal, and uses the said signals 
10 to generate processing directives so as the data is processed according to the system real-time constraints. 

[0031] Although the described invention is of general application, the present description describes its application to 
the preferred embodiment of the video coding and decoding, and suggests the straightforward extensions to audio cod- 
ing-decoding and to composition and rendering of media objects. 

[0032] The technique provided by the present invention is capable of predicting with an excellent degree of approxi- 

15 mation the complexity of video or audio decoding, without the need of the actual decoding of the incoming bit-stream. 
These results are possible when an appropriate coding information can be included in the incoming bit-streams. The 
experiments demonstrate that the degree of approximation achievable is excellent considering the range of variability 
of the actual decoding complexity of video or audio compression standards, and that such degree is more than ade- 
quate to enable an efficient processor resource allocation. One application of the proposed technique to the MPEG-4 

20 VM6 video coding algorithm is also demonstrated. Real-time video performances are guaranteed using the predicted 
decoding complexity to implement Computational Graceful Degradation (CGD) features whenever the video decoding 
complexity exceeds the available processing resources. By means of the proposed technique, it can be guaranteed at 
the same time the satisfaction of the real-time constraints and the aim of minimizing the unavoidable degradation of the 
QoS due to temporary lack of processing resources or to peaks of the intrinsic video decoding complexity. The same 

25 approach can obviously be used for audio decoders. 

[0033] It is clear that the approach is not limited to the coding/decoding process for compression purposes, but that 
it can be applied to the process of composing and rendering media objects (i.e. video, audio, text, graphics, two-dimen- 
sional and three-dimensional graphic primitives and models) to the display output The term composition means the 
action of putting these objects together in the same representation space. The action of transforming the media objects 

30 from a common representation space to a rendering device (speakers and viewing window) is called rendering. An illus- 
trative example of the terminal environment for the handling of multimedia object is reported in Figure 19. More specific 
possible examples of the decoding, composition and rendering processes are reported in Figure 20 and 21 . Figure 19 
reports the processing stages in an audiovisual terminal illustrating inputs outputs and processing of audiovisual 
objects. Figure 20 reports an example of a decoder which provides uncompressed audiovisual objects to the 

35 audio/video compositor. Figure 21 reports an illustrative example of composition of audiovisual objects. 

[0034] Additional objectives and advantages of the invention will be set forth in the description that follows, and in 
parts will be obvious from the description, or may be learned by practice of the invention. The objectives and advan- 
tages of the invention may be realized and obtained by means of the instrumentalities and combinations particularly 
pointed out in the appended claims. 

40 

5. BRIEF DESCRIPTION OF THE DRAWINGS 

[0035] The accompanying drawings constitute a part of the specification and illustrate the principles of the invention. 

45 - Figures 1 and 2 report a graphical representation of the decoding complexity of H.263 video illustrating the needs 
and background of the invention for the video decoding embodiments ; 

Figure 3 reports the an example of the modeling of processing algorithms. It includes the association of processing 
statistic to each state associated to the execution of a specific algorithm ; 
- Figure 4 reports the extension of the model of figure 3 for a more complete and accurate model of the algorithmic 
so complexity ; 

Figure 5 reports one preferred embodiment of the invention for the MPEG-4 video decoding. It illustrates a com- 
plexity model with the associated statistics for MPEG-4 texture decoding ; 

Figure 6 extends the model of figure 5 including additional coding modes and coding parameters plus the associ- 
ated statistics : 

55 - Figures 7 and 8 report simulation results of a preferred embodiment of the invention. By associating a complexity 
measure to the statistics of the data processing (video decoding in the preferred embodiment), it is possible to pre- 
dict the processing complexity of data ; actual decoding time, predicted decoding time and prediction error are rep- 
resented. 
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Figure 9 reports the measured decoding time and Decoding Time Prediction (expressed in usee) versus the 
sequence VOP number of the MPEG-4 VM6 for the sequence Coastguard (Background, Small boat, Big Boat and 
Water VOPs) at 64 Kb/s ; these results being obtained on a specific decoder. 

Figure 10 reports the measured decoding time and Decoding Prediction Time (expressed in jisec) versus the 
5 sequence VOP number of the MPEG-4 VM6 for the sequence Coastguard (Background, Small boat, Big Boat and 

Water VOPs) at 128 Kb/s ; these results being obtained on a specific decoder. 

Figure 1 1 reports the measured decoding time and Decoding Prediction Time (expressed in usee) versus the 
sequence VOP number of the MPEG-4 VM6 for the sequence Coastguard (Background, Small boat, Big Boat and 
Water VOPs) at 128 Kb/s ; these results being obtained on a specific decoder 
io - Figure 12 reports a block diagram of part of the invention. The statistics carrying the complexity information and 
associated to each data to be processed are read by a prediction unit which generates a prediction signal sent to 
the OS scheduler which allocates resources as function of the prediction signal. The figure is reporting one exam- 
ple of preferred embodiment for the video decoding of multiple VOP ; 

Figure 1 3 reports a block diagram of part of the invention relative to the construction of the complexity information 
75 header at the encoder side. Statistics of the coding and/or decoding algorithms/modes/parameters are generated 
at the encoder side and then inserted in a bit-stream to be transmitted to the decoder ; 

Figure 1 4 reports a block diagram of part of the invention relative to the interaction between the decoder supervisor 
and the decoder using various signals in order to guarantee real-time decoding of the data ; 
Figure 1 5 reports the diagram of a complexity model including associated degradation algorithms ; 
20 - Figures 16, 17, 18 report examples of results of a preferred embodiment of the invention. The video decoding for 
the MPEG-4 texture decoding is provided imposing a maximum constant decoding time (complexity) for each VOP. 
Degradation results are also reported ; 

Figure 1 9 reports an example of a possible preferred embodiment of the invention illustrating the various interac- 
tions and processing related to the handling of media objects (audio, video, text, graphic, 2-D and 3D models) in a 
25 multimedia terminal ; 

Figure 20 reports an example of a portion of multimedia terminal block diagram that is another possible embodi- 
ment of the invention, and 

Figure 21 reports a drawing illustrating the composition and rendering processes, both being possible preferred 
embodiments of the invention. 

30 

6. PREDICTING DECODING COMPLEXITY BY MEANS OF ENCODING STATISTIC INFORMATION 

6.1 A model of decoding complexity for data dependent processing 

35 [0036] To achieve the objectives of the present invention, one need a simple model of data processing complexity that 
preferably has the following properties : 

1 ) it is only related to the processing of the incoming data, 

2) it is as compact as possible so that its description requires the minimum amount of information (number of bits), 
40 3) it is representative in terms of processing complexity, 

4) it is not related to the any specific software or hardware implementation of the given processing, 

5) it can be easily mapped on any software/hardware platform implementation, 

6) it is sufficiently accurate to yield useful predictions of the processing execution time. 

-45 [0037] A way of describing the operations of processing incoming data can be to consider the sequence of ensembles 
of operations as appropriate distinct algorithms. If the sequence of algorithms is not dependent explicitly on the actual 
content of the data to be processed or by the intermediate results of the processing, the complexity of the processing 
can be easily calculated a priori and the complexity-modeling problem is trivial. 

[0038] In general, if the sequence of operations is explicitly data dependent (i.e. the processing instructions are con- 
so tained in the data themselves) and depends also on intermediate results of the processing, the problem of modeling 
algorithmic complexity is much more difficult. 

[0039] It is well known that any processing can be modeled by a finite-state-machine for which next state depends on 
the input, current state and current output (the well-known machine of Mealy). This formulation is rigorous and general. 
In theory it could also be used to measure the processing complexity. If one assume to associate a complexity measure 
55 to each state transition, one could measure the global complexity of the processing by monitoring the state of the 
machine at each step, and adding up the complexity related to each state transition. In practice, such model is not use- 
ful for two main reasons. The state machine description of usual video decoding would result extremely complex. The 
global complexity associated to the sequence of state transition would result too abstract to make feasible the mapping 
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on different implementations than the canonical state machine. In practice, it would be extremely difficult to derive a 
complexity expressed as total execution time for different specific platforms. 

[0040] A more useful model is to represent the decoding process by a flux diagram for which each data state corre- 
sponds to the execution of a specific algorithm f. Such representation is more naturally related to the usual representa- 
tions of the execution of software programs. Let us associate to each data state a measure of the occurrence of such 
state, which is incremented each time the data processing falls in each state. Let us suppose to monitor the execution 
of the decoding process and, for the occurrence of each algorithm execution, to increment the associated measure. The 
result of this model is a representation of the data processing given by a sequence of measures associated to each 
algorithm composing the complexity model. In general, any encoder knows which algorithm sequence is needed for the 
decoding, since the encoding and the coding syntax define without ambiguities the decoding algorithms . In particular, 
video decoders have to implement a decoder, to build, reference images, therefore they are able indeed to generate the 
described complexity representation. 

[0041] This modeling approach has the nice feature that admits different levels of complexity resolution. One can con- 
sider only a very limited number of main algorithms, or partitioning into a large set of sub-algorithms or any intermediate 
representation. The cost of the representation, obviously, depends on the number of algorithms that compose the 
model. The accuracy of the complexity representation depends on the number and type of algorithms, in other words 
on their relevance in terms of complexity. A simple example of a complexity model is reported in figure 3 which reports 
a flow graph for the modeling of a processing composed by three algorithms f and associated occurrence complexity 
measures c. In this model, the processing is represented by tree algorithms f and by the associated counters c. Figure 
4 reports a flow graph of the model of Figure 3 for which the complexity modeling of algorithms f1 and f3 have been 
designed by partitioning f1 and f3 in two new algorithms and their associated complexity models, the model is more 
accurate since the algorithms 1 and 3 are partitioned into other algorithms associated to new algorithm occurrence 
measures. It must be noted that what are considered as coding modes associated to specific coding options in the 
usual coding language, are from the point of view of the invention distinct algorithms, since different complexities cor- 
respond to different coding modes. It must be also noted that the executions of the same algorithm using different 
parameters can be considered as the executions of distinct algorithms associated to the corresponding parameters. 
[0042] The mapping of the complexity into any software/hardware implementation is straightforward. By knowing the 
complexity (execution time) of each algorithm on a specific platform and by using the information of the actual occur- 
rence measure of each algorithms in the decoding process, one can easily calculate the total execution time (what is 
denoted as complexity) for the processing of an incoming bit-stream. 

[0043] The key issue of this approach is to be able to find the representation in terms of minimal set of algorithms and 
sub-algorithms (tools) that being representative of the processing complexity, yields the best approximation of the exe- 
cution time. This is particularly evident for very complex processing task such as video decoding. The importance of a 
minimal set is to keep as compact as possible the cost of the complexity representation and, therefore, make possible 
its separate transmission at a low cost. 

[0044] Another feature of the proposed model is that it can easily take into account parallel software or hardware 
implementations. No hypothesis has been done on the internal implementation of each algorithms. In fact, they can be 
implemented at any level of hardware or software parallelism. The case for which different algorithms of the model have 
parallel implementations can also be treated by simplifying the model and just ignoring some counters associated to 
algorithms implemented in parallel. Simple practical examples of these cases are given below after the complete defi- 
nition of the modeling-prediction complexity problem. 

6 2 A technique to predict video decoding complexity : Decoding Complexity Prediction by Coding Statistics (DCPCS) 

[0045] Let us consider a specific software/hardware implementation of a video decoder, running on a specific hard- 
ware platform. Since no hypothesis is made on the architecture of the software or on the architecture of the hardware, 
the approach doesn't loose any generality. 

[0046] Let us consider that the true complexity C* (execution time) for the decoding of a given input data (i.e. a single 
frame or a MPEG-4 VOP) is a function P*. specific for the software/hardware implementation at hand, of the sequence 
of all the various processing operations p ( 1=1 L needed to decode the incoming data : 

C*= P'(p^.p z ...,p, p L ). (1) 

[0047] The Pi describe the sequence of operations that define the decoding process. They are, for instance, the pars- 
ing of the bit-stream, the sequence of operations for decoding the in various form Intra. Inter. Not-Coded. Shape, Pad- 
ding, the inverse quantisation, the IDCT the motion compensation in its various form OBMC, simple prediction, 4 vector 
prediction , the parameter that characterize the processing of each prediction mode (integer pel vector prediction, half 
pel vector prediction), the number of bitwise parsing operations, the number of non-zero DCT coefficients and so on. 
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[0048] The actual expression of the function P* is certainly extremely difficult to obtain. On the other hand, the objec- 
tive of the present invention is to avoid the necessity to know all the parameters that define the complexity, but just to 
be able to predict the true complexity C* with a good degree of approximation. The cost of the description of the exact 
complexity function P* in terms of all coding parameters would be, indeed, prohibitive for the purposes of the present 
5 invention. 

[0049] Therefore, let us leave the problem of finding the exact expression of the complexity function P* and try to find 
a sufficiently accurate approximation F of the function P* which provides a prediction C, using the model proposed in 
the previous section. One is therefore limited to consider a number I of algorithms fi, with i=1 .....I with I « L, and the 
associated model counters C; : 

70 

C = F(C, • f^.C 2 ' f2 — C i' f i- C -\ ' ^l) =C 1 ' IV 1+C 2 ' W 2 +...+ Cj' W ( +... + C 1 • W 1 as C* (2) 

where the coefficients w ( related to each c, are complexity weight corresponding to the model algorithm f| which 
75 accounts for the specific software and hardware architecture at hand. 

[0050] Let us suppose now, that the values of the vector c for the incoming data (frame or VOP) are known. If the 
vector w of the w, weights is known, one can predict the complexity of the incoming VOP bit-stream by a simple linear 
combination. 

20 6.3 A method to estimate the algorithms weight coefficients w 

[0051] The values of the vector w can be obtained by direct measurements on the platform, if the complexity values 
(execution time) of each function are accessible. In general, they can be also indirectly estimated by means of a simple 
linear regression applied on a set of measures of the true complexities C* k . with k =1 ... K, obtained by K samples of 
25 data processing (i.e. K frames or K VOPs taken from different sequences) on the selected platform : 

C\ = w(-q,+ w 2 c y2 +...+ w l c u + ...+ w l q, 



C/=... 



C'k = w x -c Ky + w 2 c K2 + ...+ w r c ia +...+ w l -c M 



40 

[0052] In matrix form the estimated vector of weights w can be expressed by the classical least square minimization 
expression : 

w={c T c)' [ c T C, (4) 

45 

where T indicates the transpose matrix, 
and -1 indicates the inverse matrix. 

[0053] Obviously, the linear regression and the measures of the C k complexities can be made off-line since they have 
as objective the estimation of the vector w which is characteristic of a specific software/hardware decoder implementa- 

50 tion and do not depend on the incoming data. 

[0054] Once the vector of the w parameters is estimated, the evaluation of the actual complexity C of the incoming 
bit-stream can be simply done by calculating the linear combination of the complexity function. In practice, this can be 
done by reading the actual q counter values written in an appropriate form in the incoming data, and calculating the 
value of F(c). This fact implies, for instance, that video compression standards should be able to insert complexity infor- 

£5 mation in appropriate headers of frames or VOPs, or transmit them as accompanying information. Figure 7 reports the 
measured decoding time and Decoding Time Prediction (expressed in msec) versus the sequence VOP number of the 
texture decoding of MPEG-4 VM6 for the sequence Akyio (Background and Akyio VOPs) at different bit-rates. The 
decoder is the Momusys VM6 on a Sun Ultrasparc. The absolute value of the Decoding Time Prediction error is 
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reported in the bottom curve near the 0 value. 

6.4 Definition of the complexity models for the texture decoding of MPEG-4 VM6 VOPs 

5 [0055] In the previous section, a model for decoding complexity has been developed, aiming at being at the same time 
related only to the processing and apt to be mapped on any platform implementation. These ideal requirements have 
been expressed in six points. A last requirement needs to be verified. Does the model and the associated complexity 
representation provide complexity (time) predictions sufficiently compact but accurate enough for the aims of the 
present invention? There is described in this paragraph an example of application of the modeling to the texture decod- 

10 ing of MPEG-4 VM6 VOPsm, excluding the processing of shape coding and the padding of macroblocks. This exclusion 
is just motivated by the fact that at the time of the modeling and simulations, one have investigated only the stable cod- 
ing modules of the MPEG-4 VM. The same modeling principles can be applied to those and to all new MPEG-4 coding 
algorithms and modes. 

[0056] Let us partition the decoding of each MPEG-4 VOP in the following seven algorithms which represent all the 

15 texture coding process of any VOP including luminance and chrominance (Intra, Inter, Skip, Advanced Prediction Mode 
(ADM), Normal Prediction Mode (NPM). DCT coefficient processing (DCT_coeff), and DCT line processing 
(DCTJine)). Let us associate to each coding-decoding algorithm a statistic measure defined as follows. For Intra, Inter 
and Skip, it counts each time a macroblock is coded by using the Intra. Inter or Non-Coded coding mode. For ADM and 
NPM the statistic measure indicates the number of blocks 8x8 predicted using advanced prediction modes (OBMC or 

20 four vectors for macroblock) or normal prediction modes. For DCT_coeff, the measure counts the total number of DCT 
coefficients per VOP, and DCTJine the total number of executed DCT 8x1 per VOP. All these counters can be easily 
inserted in any MPEG-4 compliant or any other video/audio encoder. Figure 13 reports a schematic diagram of the 
process of counting coding algorithms/modes/parameters and provides a statistic description of the decoding process 
according to any complexity model. This diagram represents the generation of the Complexity Information Header at 

25 the encoder side. The encoder increments the counters of the coding algorithms/modes/parameters that are used to 
encode the video frame or video object to generate the associated statistics signal (known as complexity information). 
At the end of the encoding of each video frame or video object the statistics of the used coding algo- 
rithms/modes/parameters is inserted in the Complexity Information Header. Figure 1 reports a simplified flow graph of 
the MPEG-4 VM6 texture decoding algorithms. Note that, in the proposed technique, it is not necessary to explicitly 

30 model the actual decoder flow graph. The above graph represents the schematicf low diagram of a possible simple VOP 
texture decoding model of MPEG-4. It has to be noticed that by estimating the complexity weights using the total VOP 
decoding measures as explained in the previous paragraph, it is not even necessary to explicitly specify all transitions 
in the decoding flow diagram model. 

[0057] More accurate complexity models could be designed by introducing new algorithms and the associated meas- 
35 ures of occurrences. An example of a more accurate model including the partitioning of APM and NPM into predicted 
or bi-directional modes and into half-pel motion compensation modes is reported in Figure 6 which represents an exam- 
ple of extension of the MPEG-4 texture decoding complexity model including the different mode prediction and half-pel 
motion compensation functions. 

[0058] A reduction to simpler decoding models when many counters of different algorithms are available is straight- 
40 forward. Some counters can be ignored if. in a specific software/hardware implementation, they do not implies any or 
any relevant complexity difference. For instance, if the implementation does not yields different processing time if a 
macroblock is predicted by a full pel or half pel vector, or if there is no difference between APM or NPM, all these 
counters can be ignored or can be combined. The specific action depends on the architecture and on the complexity 
features of the software/hardware decoding platform used. 
45 [0059] As reported in these model examples, a meaningful partitioning of the algorithms in terms of complexity can 
be easily done only referring to the processing of the data and without the need of specifying any software or hardware 
implementation. Only in the phase of estimating the weights W| and to perform the actual prediction it is necessary to 
refer to a specific hardware/software implementation. 

[0080] The two simple models presented here are also capable of taking into account parallel implementations which 
so are implemented in each algorithm such as any packed arithmetic implementation or higher levels of parallelism. Par- 
allel implementations at levels of macroblock decoding are not likely to occur in MPEG-4 systems. Decoders need to 
respect a given sequential order in decoding the macroblocks that is intrinsic in the syntax of the video data flow. More- 
over, for multimedia processor implementations, the ones that are particularly considered in this description, parallelism 
is likely to be implemented at much lower levels than macroblock decoding. Higher levels are indeed very unlikely to 
55 appear. 

[O0S1] Platforms that include also some hardware module accelerators, can be taken into account for the model. If 
one have, for instance, the hardware implementation of a 8x8 DCT module, one can simply discard the DCT_coeff and 
DCTJine counters and simply use the combination of Intra and Inter counters to predict the DCT decoding complexity. 
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Similar measures can be taken for other hardware accelerator modules. 

[0062] The present complexity modeling approach can be applied to the audio/video decoding, composition and ren- 
dering of media objects or to any real-time processing of data. 

5 7. EXPERIMENTAL RESULTS OF VIDEO DECODING COMPLEXITY PREDICTION 

[0063] This section reports simulation results of the prediction of VOP decoding complexity for the MPEG-4 VM6 com- 
pression standard. Counters corresponding to the algorithms defined by the model of Figure 5 have been inserted in 
the Momusys VM6 encoder implementation to generate the mentioned statistic measures. These integer figures have 

10 been converted into percentage values referred to the actual number of VOP macroblocks, normalized to 8 bit values 
and have been supposed to be transmitted as a VOP complexity header for each VOP. The cost of this information 
transmission results of a few tenths of bits and can be considered negligible if compared to the total video bit-rate. Obvi- 
ously, any other representation of the statistical coding information which has a sufficient precision can be employed. A 
schematic diagram of this decoding time (complexity) prediction signal generation process is reported in figure 14 which 

15 represents a schematic diagram of VOP video decompression interactions between the Video Decoder and the Video 
Decoder Supervisor when the Allocated Decoding Time (T/\n oc )is lower than the Decoding Time Prediction (Tp rec |). The 
Target Decoding Time and Decoder Time Reference are used to verify that the Decompressed Video elements are 
made available at the desired time. The Target Decoding Time is derived implicitly by the frame or sampling rate or by 
the information associated to each VOP or video frame (associated time stamps). 

20 [0064] Measures of the texture decoding time of each VOP for different video sequence have been performed on a 
Sun Ultra Sparc platform. The decoder is the Momusys VM6 decoder. 

[0065] The estimation of the weight w vector has been obtained by a linear regression applied on the measured 
decoding time of each VOP using the expression of equation (4). To demonstrate the robustness of the proposed tech- 
nique, the complexity prediction results have been generated using a vector w, estimated using the complexity meas- 

S5 urements of all the test sequences, except the one for which the prediction is calculated. For instance, to predict a 
sequence A, the weights estimated on sequences B and C have been used, and so on respectively for the other test 
sequences. Table 1 reports the results of the different estimates of the vector w for the sequences Akyio. Coastguard 
and Bream. As can be easily noticed, complexity (time) estimates from different sequences do not differ relevantly from 
one to the other. Disposing of a relatively large set of sequences with the associated measurements, one can easily 

30 perform off-line estimates of decoder weights w characteristic of the decoder at hand. 

[0066] Figure 7 reports the measured VOP decoding time, the VOP decoding time prediction and the time prediction 
errors (in absolute value) for the two VOPs of the sequence Akyio. Figure 8 represents the measured decoding time and 
Decoding Time Prediction (expressed in msec) versus the sequence VOP number of the MPEG-4 VM6 for the 
sequence Bream (Background and Fish VOP) at different bit-rates. The decoder is the Momusys VM6 on a Sun 

35 Ultrasparc. The absolute value of the Decoding Time Prediction error is reported in the bottom curve near the 0 value. 
The results have been obtained at different bit-rates and all measures are expressed in msec. The same experiment 
results are reported for the sequences Bream and Coastguard. In figures 9, 10 and 11 , as can be easily noticed, while 
the measured actual decoding time has strong variations for each VOP, the decoding time prediction is very accurate 
and the two curves for most of the samples are difficult to distinguish one from the other. In these experiments, the error 

40 of the prediction is lower than 5% for each VOP and in average is around 1 -2%. 
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w 

(msec/f ) 


Akiyo 


Bream 


Coastguard 


Intra 


38.68 


38.84 


38.15 


Inter 


30.95 


29.60 


29.56 


Skip 


5.55 


5.53 


5.51 


DCT line 


2.15 


0.37 


1.24 


DCT_coef f 


1.47 


6.58 


6. 18 


APM 


226 .47 


230.23 


228.70 


NPM 


36.30 


37.60 


36 .01 



Table 1. Estimated complexity weights vector w for the 
texture decoding complexity model of Figure 5 for different 
sets of measures. The complexity relevance for each weight is 
given by the product of the algorithm count and by the weight 
itself. 



[0067] The excellent results demonstrate that a relatively simple complexity model is able to predict the decoding time 
30 (complexity) with a very good degree of approximation, when appropriate coding statistics are available. The degree of 
approximation resulting from the proposed method, indeed, is more than adequate to enable an intelligent and efficient 
resource allocation strategy. 

[0088] The description and discussion of the new possible schemes of interaction between the real-time OS and the 
video decoder are the subject of next sections. 

35 [0089] Another important conclusion is the fact that a very complex process such as MPEG-4 texture video decoding 
can be described by a suitable high level coding statistic information which is not directly related to any software or hard- 
ware implementation. The vector of coding mode counter values is, in fact, a compact coding parameter and coding 
mode information of the compressed bit-stream. Moreover, the obtained results reports that it is not necessary to define 
a very detailed model of the software/hardware decoder platform. Very complex decoder features such as cash strategy 

40 or memory accesses which could have a non-strictly deterministic behavior, can be taken into account in a statistical 
sense when one estimate the value of the weight vector characteristic of the decoder platform used. 

8. NEW SCHEMES OF DECODER-OS SCHEDULER INTERACTIONS 

45 [0070] New schemes of interaction between the decoder and the OS scheduler of the multimedia processor are pos- 
sible when decoding time prediction is feasible. These schemes of interaction can be designed in order to provide the 
best resource allocation policy able to guarantee real-time performances. 

[0071] In Figure 12, an example of decoding scheme employing decoding time prediction is reported. Thisfigure rep- 
resents a decoding scheme example in which the Complexity Information of each VOP is processed by the Complexity 

so Prediction Unit which provides the Decoding Time Prediction signal to the decoder and to the real-time OS/scheduler 
that allocates the necessary resources (Allocated Decoding Time) to the decoder or decoding processes. The Decod- 
ing Time Prediction unit reads the Complexity Information Header carried in each VOP/frame bit-stream header or 
transmitted as side information in any format, produces the decoding time prediction for each frama/VOP. and provides 
this information to the real-time OS scheduler. In this way. the OS scheduler can allocate the necessary resources (i.e. 

55 Allocated Decoding Time) for the decoding of each or all the VOPs respecting the associated real-time constraints. In 
case of non real-time encoding, the complexity information can be compressed and transmitted before the real-time 
transmission and real-time decoding of the video/audio bit-streams. The usefulness of such scheme is evident consid- 
ering that many VOPs of unknown complexity (decoding time) need to be decoded within an associated time interval 
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T c . This scheme is able to guarantee real-time performances if the available video processing resources T AMoc (i.e. Allo- 
cated Decoding Time) are sufficient for the decoding of all N incoming VOPs within the given time interval. Formally, the 
following relation has to be satisfied : 



^c^ ^Altoc- 



N 

Z 7 n(f) 



n=1 



(5) 



where T n is the decoding time of the n th VOP, with n=1 N, where N being the VO and VOP index and t being the VOP 

10 sampling time. 

[0072] This simple procedure scheme is applicable in two cases. The first is when all the VOPs belongs to the same 
sampling time t (implicitly defined by the sampling rate or also carried by time stamps associated to each VOP). In this 
case, there is no additional delay introduced by the decoder. The second case occurs when the VOPs can also belong 
to sequential sampling periods, i.e. M sampling intervals of the reference time t denoted as Ot (also referred as different 
15 time stamps). In this case, an additional delay has to be considered and an output buffer needs to be added to the 
decoder : 



N M 

SO n=1 m=1 



[0073] This second scheme enables to smooth out computational peaks on a larger number of VOPs and on a larger 
time interval than a single image sampling period Dt. In other words, expression (6) might be satisfied even when 
25 expression (5) is not for some values of the sampling time t. Obviously, this result is obtained at the cost of an additional 
delay and an additional output buffer. 

[0074] When the available processing resources (i.e. time) are not sufficient to decode all VOPs, this simple strategy 
cannot guarantee the respect of the real-time constraints. In such cases, other form of interactions and new decoding 
techniques are needed. 

30 [0075] The main idea is to reduce the complexity of the decoding in order to satisfy relation (5) and (6) accepting some 
degradation to the resulting image quality. These techniques are called here Computational Graceful Degradation 
(CGD). 

[0076] A schematic diagram of the construction of the complexity information header at the encoder side is reported 
in Figure 1 3. The encoder, during the encoding process, increments the registers (counters) corresponding to a set of 
35 encoding algorithms/modes/parameters used for the actual VOP or frame compression. At the end of the process, the 
counters contains a compact encoding/decoding statistical information that is written in the Complexity Information 
Header. 

9. COMPUTATIONAL GRACEFUL DEGRADATION (CGD) 

40 

[0077] The main idea of CGD is to make available results of poorer quality when the results of the desirable quality 
cannot be obtained in real time. When the complexity of the task exceeds the available processing power, real-time 
services, possibly of degraded quality, are nevertheless provided respecting all real-time constraints. This approach 
makes the guarantee of the correct scheduling of tasks possible, even when the computational system load fluctuates 

45 and relation (5) and (6) cannot be satisfied. 

[0078] The concept of graceful system degradation using imprecise results has been previously introduced in the field 
of real-time computing with applications to control system and automation. In these contexts, imprecise results are 
defined as intermediate results with the property that the more recent and intermediate result is the closer one that 
approximates the final result (i.e. the idea only works in monotonically improving computations). For more details, the 

so reader can refer to W.A. Halang, A.D. Stoyenko, Constructing predictable real time systems, Kluwer Academic Pub- 
lisher, 1991 ; K. Lin, S. Natarjan, J. Liu, Imprecise results : Utilizing partial computations in real-time systems, Proceed- 
ings of IEEE Real-Time System Symposium. December 1987 ; J. Liu, K. Lin, S. Natarjan, Scheduling real time periodic 
jobs using imprecise results. Proceedings of the IEEE Real-Time System Symposium, December 1987 incorporated 
herein by reference. 

55 [0079] In these cases the problems to be solved are more concerned with fault tolerance. I/O overloads, stability and 
reactivity to unexpected inputs, and the corresponding techniques are not suitable for purposes of real-time decoding 
of compressed video/audio bit-streams. 

[0080] In contrast, the aim of the present invention is to be able to provide the guarantee of real-time video decoding 
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with possible degradations of the image quality, i.e. reductions of the peak signal to noise ratio (PSNR), without loosing 
parts of the image or parts of the audio content. Such alternative is certainly much more desirable than other straight- 
forward options such as cutting image portions or simply skipping frames. These latter options, as can be easily under- 
stood, can have catastrophic consequences on prediction based coding systems. In H.253 systems, for instance, 

5 skipping the decoding of a single frame or a portion of it implies the skipping of all future incoming frames (or portion of 
them) before the next incoming Intra frame. The time interval of such skipping operation might cover many seconds, and 
the information content loss might be very relevant. Such abrupt interruptions, which are perceptually very annoying, 
might he caused not only by the simple fluctuation of the decoding complexity load as discussed in the previous sec- 
tions, but also by the fluctuations of the load of other non-video/audio processing tasks which reduce the available 

to processing resources (time). Moreover, such events are in general out of the control of the video/audio decoder system 
and cannot be easily forecasted. Considering these facts, the importance of techniques able to filter out complexity 
decoding peak loads or able to reduce the average decoding computation load without causing perceptually annoying 
consequences is evident. Skipping B-VOP could be, in some cases, a viable option for video accepting the introduction 
of motion judder in the sequence reproduction. Unfortunately, the presence of B-frames or B-VOP cannot be guaran- 

r5 teed in any bit-stream and just at the right time for which a reduction of the complexity is needed to respect the real time 
constraints. For audio applications, any skip of part of the content has perceptually a very annoying result. 
[0081] In contrast with what could be commonly thought, also the classical multi-resolution coding features such as 
spatial or temporal scalabilities are not really useful for the aims of the present invention. In general, they are used to 
optimize the transmission bandwidth usage, enabling the compatibility of services at different bit-rates and spatial res- 

20 olutions, but they must be embedded in the original bit-stream at the encoder side. If they are not embedded, the 
changes of resolution at the decoder size can results more computationally expansive than the simple decoding at the 
given resolution. 

[0082] Another important reason for the introduction of CGD is given by the definition of profiles, levels and conform- 
ance tests for video compression standards based on software/processor platforms. For the MPEG-4 standard, it is 

25 expected to have a range of applications that will be much broader than the one of MPEG-1 and MPEG-2. Two possible 
scenarios can be identified. The first is the definition of a limited number of profiles and levels based on computational 
power. The second is the possibility of a continuum of decoders of different computational power. The first scenario 
faces very difficult tasks such as the definition of decoder conformance testing, and at the end it may result in a jungle 
of too many different levels and profiles. 

30 [0083] The second scenario is completely open to platforms of different computational power. It requires pure func- 
tional decoder conformance testing and is able to provide the maximum quality of the service that is achievable by the 
capabilities of each platform. 

[0084] The second scenario, although much more attractive than the first, poses new questions and problems have 
not yet been studied in video and audio coding. It is mandatory that all decoders can decode all MPEG-4 services but 

35 at different levels of quality. It means that a scalability-based on computational power is needed. This new type of scal- 
ability should enable a graceful degradation of the video quality when less than theoretically necessary computational 
power is available at the decoding side. In contrast with MPEG-2 scalabilities that are discrete, embedded in the bit- 
stream and designed for specific applications, this computational power based scalability should be continuous and 
implemented in all MPEG-4 bit-streams. 

40 [0085] From these arguments, the usefulness of CGD and its important features and applications are clear. The last 
key point that has left CGD as a good idea but of difficult usage and implementation for video coding was that it was not 
clear how to implement it efficiently. Now that the present invention has developed a technique able to predict with a 
good degree of approximation the required decoding time of each decoding process, one have the key for useful and 
efficient implementation of CGD techniques. 

45 

91 Principles of decoding using CGD techniques 

[0086] Let us consider a complexity model such as the one of Figure 3 composed by a set of I algorithms fi, with i = 

I I and suppose to be able to design for all. or only for a subset S CGD of the functions f| composing the model, new 

so functions fj CGD which have the following three properties : 

1) the execution of a function f| CGD yields results that are an approximation of the ones produced by the original 
function f,, 

2) the execution of fi CGD does not prevent the exact execution of any subsequent decoding functions, 

55 3) the weight w, 000 associated to f| CGD in the considered decoder implementation is lower than the corresponding 
W| associated at fj (i.e. w CGD < Wj). 

[0087] For a schematic representation of a complexity model which includes new degraded functions, one can refer 
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to Figure 1 5 which represents a schematic diagram of a complexity model including CGD algorithms. CGD counters (b,) 
and new state transitions generated by the new CGD functions. In this example f 1 ^1 S CQD , and f 2 1 S ong . In other words, 
for video decoding for instance, the execution of any fj CQD might produces PSNR degradations in the reconstruction of 
some image parts, but not prevents from correctly decoding the rest of the frame or VOP. 
5 [0088] Let us partition the functions forming the complexity model into two disjoint sets, S° r ' 9 and S CGD respectively, 
for the ones that do not admit a CGD version and for the ones for which it is possible to design a CGD version. 
[0089] Let us consider for simplicity an image sequence composed by a sequence of single frames or single VOPs 
(i.e. N=1) and suppose that expression (5) is not satisfied for some values of the decoder reference time t : 

10 nt)>T Altoc (?) 

where T(t) is the decoding time of the VOP at hand at the sampling time t, and to define as processing deficit T De , the 
time for which the decoding complexity exceeds the Allocated Decoding Time : 

is 

ntyT^TM (8) 

[0090] Since the decoding time can be approximated by its prediction (Decoding Time Prediction) it can be expressed 
20 by : 

/ 

T"(0«7- Pr ^0-Z c / W / < 9 > 
i-1 

25 

where the c, are the counters of the complexity model and the w, are the corresponding complexity weights. 

[0091] The lower limit of the decoding time executing all CGD algorithms fj CGD at the place of f, for any it S CGD , is 

given by : 

'e S CQD 'e S 0ng 

[0092] If T CG D< T Aiioc<Tpred ■* is therefore possible to guarantee the real-time constraints by executing the fj CGD algo- 
rithms and accepting approximate decoding results. The difference T Pred -T CGD can also be expressed as : 

« r Pred -7- CGD = X C,(w ( .-w? GD ) (11) 

[0093] If T CGD <T A || 0C <T Pred , it is therefore possible to find for each c, with M s CGD , a couple of integer coefficients 
45 aj.bj, for which : 

a,+fc,=c, (12) 

so and denoting as T Process any decoding time interval which respects the real time constraints (obtained by the implicit 
sampling rate or expressed using appropriate time stamps associated to each VOP or video frames, or audio packet), 
one can express the desired process decoding time as any decoding time value that satisfy the expression : 
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T P roc esa = S (a,wr ( CGD +b ( w,)+ £ c iWi <,T AIIOC (13) 
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[0094] Obviously for any Allocated Decoding Time the aim is to respect the real-time constraints with the lowest deg- 
radation in the video/audio content. Associating a degradation measure to each W| CGD it is possible to minimize the 
degradation for a given TAIIoc. Therefore, the aim is to find the set S a b of couple of coefficients a jp bj, with ii s CQD , that 
satisfy expression (12) and minimize the video or audio degradations expressed as difference with the non degraded 
5 output : 

S a , 6 =argmin(a,£>) (eS :iPSNR-PSNRla,.b,)) (14) 



10 



[0095] The determination of the set S a t> can be done by means of any suitable optimization method or any suitable 
optimization heuristic by the Video Decoder Supervisor, schematically represented in Figure 14. In summary, the Video 
Decoder Supervisor receives from the OS the Allocated Decoding Time signal {T M \oc)- the decoding time prediction sig- 
nal (TPred) from the Complexity Prediction unit, and the Complexity Information signal represented by the actual values 
of the coding/decoding statistic (set of ci coefficients) for the VO. Since the Video Decoder Supervisor knows the values 
is of the set of Wj and Wj CGD it can determine, by a suitable standard optimization technique, the corresponding set of coef- 
ficients aj.bj such that expression (12) is satisfied. Having defined the set of aj.bj coefficients the CGD decoding is par- 
tially defined. In other words, the set of coefficients defines for each M S CGD how many degraded algorithms (fj CGD ) at 
the place of original algorithms (fj) need to be executed. 

[0096] Since the determination of the degradation coefficients is done on the basis of the decoding time prediction, 
so the video decoder can generate a Decoding Status signal reporting the status of the decoding (i.e. the fraction of the 
bit-stream or the fraction of the VO already decoded). The signal representing the Decoding Status of the decoding 
process reports to the Video Decoder Supervisor an information which can be used to correct the Computational 
Graceful Degradation Directive signal (i.e. the setting of the aj.bj coefficients in this example) if the Current Decoding 
Time and the Current Decoding Time Prediction signal are not conformant. Current Predicted Decoding Time means 
25 the Decoding Time Prediction calculated by using elation (13), only counting the occurrences of the decoding algo- 
rithms actually used to decode the fraction of the decoded bit-stream at the current reference time (time for which the 
decoding status signal is generated). The term not conformant means that the actual Decoding Time is greater than the 
Decoding Time Prediction of an amount of time which overcomes statistical variations which are functions of the com- 
plexity information, thus reporting possible errors in the Decoding Time Prediction signal. 

[0097] The described interactions between OS, the Decoder and Video Decoder Supervisor can be easily extended 
for the case of sequences containing multiple VO at the same sampling time (associated time stamps), or belonging to 
a defined time interval containing several sampling periods (several associated time stamps). Expressions 
(1 0, 1 1 , 1 3, 1 4) can be easily modified including the appropriate summation over all VOP. Therefore, in the case of N VOP 
at the same sampling time t, one have : 
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N 

T NW=j: T n(t)>T AIIOC (15) 



n=1 



where T N (t) is the total decoding time of the N VOP. 



N N I 

r w(0^7"p red ,A/=Z r Pr e dn(0=S lZ c i,n w i (16) 
n=1 n=1 (=1 



r CGD,/V=S( S c i,n w i CGD + Z c i.n w i) 0?) 



CGD 

+ 2 

S Orig 

N 



T Prerf,A/- 7 "cGD,W=Z Z C iA w C w i ) (18) 
n=1 ie S CGD 

a ,,n +6 /,n = C / , n (19) 



BNSDOCID: <EP 0919952A1 I > 



16 



10 



15 



EP 0 919 952 A1 



N 

T P r ocess.N= E ( E ( a i.n w i° GD +bj. n Wi)+ E c /.n w ';)- ^"/H/toc 
n=1 ie S CGD is S aig 



«=' (21) 



or 



^0 where a n is a semantic degradation coefficient which might be available in the coded bitstreams. 

[0098] For N Video Objects and M sampling time intervals Dt (denoted also as time stamps) one have 

M M N 

Tn.m= E T N {t+m/Lt)- £ £ T n(t+m±t)>T AIIOC 

25 m=1 m=1n=1 

M N M N I 

T N,M^ T P r ed,N,M='E E T Predn( t+mAt )= E E E C ->,m w / 



30 



35 



m=1n=l n>=ln=l/=1 

7 "oOD l Atftf=E E^ E C /,n,m w , CGD + E C /,n,m w /) 
m=1n=1 fe S C gd 'e S 0 „^ 

M N 

CGD , 



T Pred,N,M~ T CQD,N,M = E E E C /,n,m( ) 
m=1 n=1 /e S caD 

40 a (,n,m + ^ i,n,m = c i,n,m 

M N 

T P r oc e ss,N,M= E E< E ( a wm M '/ CGD +t , /,n, m w /)+ E c /,/i,m lv /) s7 ">Uibc 
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S^ N „ =argmin aiW {±±(PSNR- PSNF\a Lnm ,t, n J)) 

m»1fl=1 (29) 

5 

or 

S AkNM = argn ir? (±±cc n (PSNR- PSNH^.b^J )) 

" fcln=1 (3 0) 



15 9.2 Extension of the techniques to video/audio composition 

[0099] The methods aiming at predicting the decoding time (i.e. generating a Decoding Time prediction Signal) of 
video frames or video objects, so as to respect the real-time constraints specified implicitly by the audio/video rates or 
by the timing information carried by the associated time stamps, can be easily extended to the video/audio composition 

20 processes. Composition process means the action of putting decompressed video or audio objects together in the 
same representation space. In a similar way of the decoding process, one can generate a Composition Time Prediction 
for each composition process according to the interactions described in Figure 1 2. Such Composition Time Prediction 
is a function of the occurrence of composition algorithms, composition modes and composition parameters (associated 
composition statistics). Differently from the decoding process, composition algorithms, modes and parameters can be 

25 also provided by an interactive user interface. In a similar way the Composition Allocated Time can be generated as 
function of the Composition Time Prediction. The interactions between the compositor and the OS can be described as 
in Figure 12 where the Decoder is substituted by the Compositor. 

[0100] The technique of associating Decoding Degradation Algorithms and decoding by using degradation algorithms 
described in section 6.1 and Figure 14 can be applied by substituting respectively the Allocated Decoding Time by the 
30 Decoding Time Prediction, the Target Decoding Time and the Decoder Reference Time by the Allocated Composition 
Time, the Composition Time Prediction by the Target Composition Time and the Compositor Reference Time. All rela- 
tions and equations reported in section 6.1 referring to the decoding process can be referred to the composition proc- 
ess. 

35 9.3 Examples of possible degradation modes 

[0101] The decoding operations of a video compression algorithm can be divided into two main categories : 

1 ) operations that cannot be simplified since they may prevent the extraction and usage of relevant coding informa- 
40 tion. 

2) operations that can be simplified, possibly leading to imprecise or degraded video results. 

[0102] To the first category typically belong all bit-stream parsing operations, entropy decoding (i.e. VLD and arithme- 
tic coding), and all operations related to synchronization and to the syntax of the decoding process. For these opera- 
45 tions, no degradation mode definition is possible, otherwise it would imply skipping image portions or entire frames 
since either the data or the coding modes and coding parameters are lost 

[0103] To the second category, for instance, belong operations such as the IDCT, the prediction with and without 
motion compensation in its various forms (PB/B-frame prediction, overlapped block motion compensation (OBMC), half 
pixel interpolation and so on, padding, shape coding. Simplifications of such operations applied to pixels or transform 
so coefficients are always possible but at the expenses of imprecise results. The challenge can be expressed as follows : 
given a specific compression standard, software and processor architecture, implement it and find the f j CGD which pro- 
vides the maximum complexity reduction (wj - Wj CGD ) versus the minimum image/audio quality degradation (usually 
measured in PSNR). Many are the algorithms that can be simplified. We report here only two examples that illustrate 
the idea. 

55 

9.3.1 IDCT simplified modes 

[0104] IDCT on a 8x8 block can be decomposed into 16 IDCT operation on a 8x1 block, or on IDCT considering only 
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the lowest 4x4 or 2x2 coefficients. Skipping higher order 8x1 IDCT or enabling processing only 2x2 or 4x4 coefficients 
constitute some alternatives which are less complex than the standard 8x8 IDCT. Obviously, these less demanding 
alternatives yield a filtering of the high frequency possibly contained in the higher order coefficients. 

5 9.3.2 Simplified prediction modes 

[0105] Many prediction modes can be simplified at the expenses of some PSNR degradations. In particular, the most 
complex such as the OBMC with or without half-pel motion compensation can yield relevant complexity decreases of 
both computational complexity and memory bandwidth by implementing simpler algorithms. 

10 

10. EXAMPLES OF RESULTS FOR THE MPEG-4 VIDEO COMPRESSION STANDARD 

[0106] This section reports simulation results of the decoding of VOP using the complexity model and decoding time 
prediction results described in Section 4. The MPEG-4 VM6 algorithm in the Momusys VM6 implementation modified 
is adding degradation functions to the advanced prediction modes has been used for the simulations. A fixed amount of 
processing time is allocated for each VOP composing the sequences. In case the decoding time prediction (T Pred ) for 
each VOP exceeds the fixed allocated time (T A n oc ), an appropriate number of advanced prediction modes are executed 
using degraded functions in order to satisfy relation (13). 

[0107] Figures16, 17. 18 report the decoding results at 64, 128 and 256 kb/s for the four VO (Small Boat, Big Boat, 
20 background and Water) of the sequence Coastguard. On the left, the diagrams report the decoding time of each VO 
expressed in msec versus the VOP number. Two curves are reported : original decoding and decoding using degrada- 
tion function in order to satisfy the decoding time limits. The PSNR image degradations corresponding to the execution 
of degraded functions are reported on the right. 

[0108] Figure 16 reports on the left standard decoding time and CGD decoding time (in msec) for the four VO of the 
25 sequence Coastguard at 64 kb/s Each VO has a upper bound for the CGD decoding time. On the right the PSNR loss 
of the CGD decoding with reference to the standard decoding. 

[0109] Figure 17 reports on the left standard decoding time and CGD decoding time (in msec) for the four VO of the 
sequence Coastguard at 128 kb/s. Each VOP has a upper bound for the CGD decoding time. On the right the PSNR 
loss of the CGD decoding with reference to the standard decoding. 
30 [01 1 0] Figure 1 8 reports on the left standard decoding time and CGD decoding time (in msec) for the four VO of the 
sequence Coastguard at 256 kb/s. Each VO has a upper bound for the CGD decoding time. On the right the PSNR loss 
of the CGD decoding with reference to the standard decoding. 

[0111] The implementation of CGD base on the decoding time prediction generation technique enables, within the 
discussed limits, the a priori setting of the decoding time guaranteeing the possibility of a scheduling of each decoding 
35 task that satisfy real time constraints, even if the available resources (Allocated Decoding Time) are inferior to the the- 
oretically necessary ones. Moreover, the degradations introduced are visually acceptable and they can be minimized 
according to expression (14) by suitable techniques. The results obtained with a PSNR degradated are certainly much 
more desirable than introducing sudden interruptions and image content losses to the video sequence, and enables an 
efficient resource allocation policy. 

40 

Claims 

1 . Method for primary processing a digital signal comprising the steps of : 

45 - providing a digital signal to a primary processing unit ; 

primary processing said signal with said primary processing unit according to a plurality of primary processing 
algorithms to provide primary processed output signals, 

determining statistics of use of at least one of said primary processing algorithms, 

providing a digital statistics signal representative of said statistics for each of said primary processed output 
so signals 

associating to each of said primary processed output signals its own statistics signal ; 
determining a complexity primary processing information signal based on said statistic signal. 

2. Digital primary processed output signal, generated by a primary processing unit using primary processing algo- 
55 rithms and being intended to be transmitted to a receiving device wherein said primary processed output signal 

comprises data bit streams, each of said data bit streams comprising a main bit string representative of said pri- 
mary processed output signal and a secondary bit string representative of the statistics of use of said primary 
processing algorithms associated to said main bit string. 
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3. Method for secondary processing a secondary digital output signal according to claim 2 comprising the steps of : 

(a) reading said secondary bit string ; 

(b) determining, from the secondary bit string, primary processing algorithms to be used to secondary process 
said primary output signal associated to said main bit string, for generating a complexity primary processed 
information signal for each signal ; 

(c) allocating a secondary processing time and/or operating system resources as a function of said complexity 
primary processed information signal for secondary processing of said primary output signal ; 

(d) sending main bit string to secondary processing means ; 

(e) secondary processing said main bit string using said allocated secondary processing time and/or operating 
system resources, according to a secondary process and 

(f) generating a secondary processed signal. 

4. Method for coding a digital signal comprising the steps of : 

providing an uncompressed digital signal including audio packets, video frames, video planes, or audio/video 
objects to an encoder ; 

compressing said signal with said encoder according to a compression syntax, said encoder using a plurality 
of coding algorithms to provide a compressed signal including coded audio packets, video frames, video 
planes or audio/video objects, 

determining statistics of use of at least one of decoding algorithms necessary to decode each of said coded 
audio packets, video frames, video planes or audio/video objects from said associated coding algorithms, 
and/or determining statistic of use of at least one of coding algorithms, 

providing a digital statistics signal representative of said statistics for each of said coded audio packets, video 
frames, video planes or audio/video objects. 

associating to each of said coded audio packets, video frames, video planes or audio/video objects its own sta- 
tistics signal. 

5. Coding method according to claim 3, wherein the step of determining statistics consists in determining the statistics 
of use of some of decoding algorithms, wherein to each decoding algorithm is associated at least one decoding 
mode and/or decoding parameter and wherein the statistics signal is based on the decoding modes and/or decod- 
ing parameters. 

6. Coding method according to claim 3 or 4, wherein the step of determining statistics further consists in determining 
the statistics of use of some of coding algorithms when said coding algorithms and the compression syntax allow 
the determination of corresponding decoding algorithms necessary to decode each of said coded audio packets, 
video frames, video planes or audio/video objects wherein to each coding algorithm is associated at least one cod- 
ing mode and/or coding parameter and wherein the statistics signal is based on the coding modes and/or coding 
parameters necessary to decode when using said coding algorithms. 

7. Coding method according to claim 4, wherein the statistic signal is generated by juxtaposing digital words each rep- 
resenting the occurrences of use of a decoding mode and/or decoding parameter necessary to decode said asso- 
ciated audio packet, video frame, video plane or audio/video object. 

8. Coding method according to claim 5 and/or 6, wherein the statistic signal is generated by juxtaposing digital words 
each representing the occurrences of use of a coding mode and/or coding parameter necessary to decode said 
associated audio packet, video frame, video plane or audio/video object. 

9. Coding method according to any of claims 3 to 7, wherein the step of associating consists in inserting said statistics 
signal into said compressed signal for each associated coded audio packet, video frame, video plane or 
audio/video object. 

1 0. Coding method according to any of claims 3 to 8. wherein the step of determining statistics consists in computing 
the occurrence of use of said coding and/or decoding algorithms for determining a complexity information for each 
coded audio packet, video frame, video plane or audio/video object. 

11. Digital compressed signal including coded audio packets, video frames, video planes or audio/video objects, said 
signal being generated by an encoder using a compression syntax and coding algorithms and being intended to be 
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transmitted to a receiving device wherein said signal is decoded according to decoding algorithms, and wherein 
said signal comprises at least a layer of coded audio packets, video frames, video planes or audio/video objects bit 
streams, each of said bit streams comprising a main bit string representative of the coded audio packets, video 
frames, video planes or audio/video objects and a secondary bit string representative of the statistics of use of said 
5 coding and/or decoding algorithms associated to said main bit string. 

12. Digital compressed signal, according to claim 10, wherein said secondary bit string is inserted in said layer of said 
bit streams. 

w 13. Digital compressed signal, according to claim 10, further comprising a plurality of parallel layers of coded audio 
packets, video frames, video planes, or audio/video objects bit streams, wherein said main bit string is inserted or 
transmitted in a layer different to said second bit string. 

14. Digital compressed signal, according to claim 11 or 12, wherein said secondary bit string is inserted or transmitted 
15 prior to said main bit string. 

15. Digital compressed signal, according to any of claims 10 to 13, wherein to each decoding algorithm is associated 
at least one decoding mode and/or decoding parameter and wherein said secondary bit string consists of words 
each representing the occurrences of use of the decoding modes and/or decoding parameters. 

20 

16. Digital compressed signal, according to claim 10 or 14, wherein to each coding algorithm is further associated at 
least one coding mode and/or coding parameter and wherein said secondary bit string consists of words each rep- 
resenting the occurrences of use of the coding modes and/or coding parameters, said coding algorithms and the 
compression syntax allowing the determination of corresponding decoding algorithms necessary to decode each 

25 of said coded audio packets, video frames, video planes or audio/video objects. 

1 7. Method for decoding a digital compressed signal according to any of claims 1 0 to 1 5 comprising the steps of : 

(a) reading said secondary bit string ; 
30 (b) determining, from the secondary bit string, decoding algorithms to be used to decode said coded audio 

packets, video frames, video planes or audio/video objects, associated to said main bit string, for generating a 
complexity information signal for each coded audio packet, video frame, video plane or audio/video object ; 

(c) allocating a decoding time and/or operating system resources as a function of said complexity information 
signal for the decoding process of said compressed audio packet, video frames, video planes or audio/video 

35 objects ; 

(d) sending main bit string to decoding means ; 

(e) decoding said main bit string using said allocated decoding time and/or operating system resources, 
according to a decoding process and 

(f) generating a decompressed signal including decoded audio packets, video frames, video planes or 
40 audio/video objects. 

18. Method for decoding a digital compressed signal according to claim 16 wherein the step determining decoding 
algorithms is also based on the occurrence of use of the decoding modes and/or decoding parameters necessary 
to decode the said audio packets, video frames, video planes or audio/video objects. 

45 

1 9. Method for decoding a digital compressed signal according to claim 1 6 or 1 7 wherein the step determining decod- 
ing algorithms is further based on the occurrence of use of the coding modes and/or coding parameters used by 
said coding algorithms, wherein said coding algorithms and the compression syntax allow the determination of cor- 
responding decoding algorithms necessary to decode each of said coded audio packets, video frames, video 

so planes or audio/video objects 

20. Decoding method according to any of claims 16 to 18 further comprising the step of determining a decoding time 
prediction signal as a function of said complexity information signal ; said decoding time prediction signal being 
used for the step of allocating said decoding time and/or operating system resources for optimizing said decoding 

55 process and or decoding processes. 

21. Decoding method according to claim 19 wherein the step of decoding the main bit string consists in 
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generating an allocated decoding time signal, 

sending said decoding time prediction signal and allocated decoding time signal to decoder supervisor means ; 
generating and sending a degradation directive signal to said decoding means, as a function of said decoding 
time prediction signal, allocated decoding time, so as to define the use of number and type of decoding algo- 
rithms and degradation algorithms to be used in the decoding process of said main bit string. 

22. Decoding method according to claim 20 wherein the step of decoding the main bit string further consists in : 

generating a decoder time reference signal and a target decoding time signal, 

sending said decoder time reference signal and said target decoding time signal to decoder supervisor means ; 
generating and sending said degradation directive signal to said decoding means while also taking into 
account said decoder time reference signal and said target decoding time signal. 

23. Decoding method according to claim 20 or 21 wherein the step of decoding the main bit string further consists in : 

generating a decoding status signal from said decoding means 

sending said decoding status signal to said decoder supervisor means from the said decoding means ; 
generating and sending said degradation directive signal to said decoding means while also taking into 
account said decoding status signal. 

24. Decoding method according to claim 1 6 wherein steps (a) to (c) are carried out prior to step (e). 

25. Decoding method according to any of claims 20 to 23, further comprising the step of sending said complexity infor- 
mation signal to said decoder supervisor means. 

26. Decoding method according to any of claims 20 to 24 wherein the step of generating said degradation directive sig- 
nal consists in associating at least one degradation algorithm to at least one decoding algorithm, said decoding 
algorithm and said degradation algorithm being associated to a complexity coefficient/weight representative of the 
execution time of said decoding algorithm and said degradation algorithm. 

27. Decoding method according to claim 25 wherein said complexity coefficients/weights are dependent on the 
decoder used for implementing said decoding method. 

28. Decoding method according to claim 25 or 26, wherein said decoding time prediction is a function of the occurrence 
of use of said decoding algorithm and said complexity coefficients/weights according to the following equation : 



nt)^T Prgd [t)=^c i w i 



O). 



i=i 



40 



where T is the time necessary to decode a coded audio packet, video frame, video plane or audio/video object. 
Tprad 'S the decoding time prediction of said audio packets, video frames, video planes or audio/video objects, q is 
the occurrence of said decoding algorithm, and W| is the complexity coefficient/weight. 

45 

29. Decoding method according to claim 27, wherein when the decoding time prediction is a function of the occurrence 
of use of said decoding algorithms and degradation algorithms, said degradation algorithms being associated to a 
complexity coefficient/weight. 

so 30. Decoding method according to claim 27 or 28, wherein when the decoding time prediction is greater than the allo- 
cated decoding time, one uses a degradation method according to which one selects the degradation algorithm 
instead of its associated decoding algorithm according to equation : 



55 T process= X ( a i w i° GD +t>,W,)+ £ c i w i^ T Alloc (13) 

' e Scgd /'e Soy 
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where, T Procass is the prediction time necessary to decode a audio packets, video frames, video planes or 
audio/video objects, said decoding time prediction taking account the degradation, Cj is the occurrence of decoding 
algorithm, a { is the number the selected degradation algorithms, Wj CGD is the complexity coefficient/weight of the 
degradation algorithm, bj is the number of the non selected degradation algorithms, and Wj is the complexity coef- 
5 f icient/weight, where a j -tb , =c j , so as to reach a T Process lesser than or equal to said allocated decoding time. 

31 . 30. Decoding method according to claim 28 or 29, wherein said decoding status signal is also used for monitoring 
the current decoding time of a coded audio packets, video frames, video planes or audio/video objects and make 
sure that said current decoding time is in conformity with the associated decoding time prediction. 

10 

32. Decoding method according to claim 30, wherein if said current decoding time is not in conformity with the associ- 
ated predicted decoding time, then said decoder supervisor means uses at least one further degradation algorithm 
defined in claim 29. 

75 33. Decoding method according to claim 31 , wherein if said current decoding time is not in conformity with the associ- 
ated decoding time prediction, then said decoder supervisor means further uses said complexity information signal. 

34. Decoding method according to any of claims 29 to 32 for a plurality of audio packets, video frames, or video planes, 
some of them belonging to different audio/video objects, wherein when the decoding time prediction is the sum of 

so the decoding time prediction of each of said audio packets, video frames or video planes of said plurality, said 
decoding time prediction being defined in claim 28. 

35. Coding system for an uncompressed digital signal including audio packets, video frames, video planes or 
audio/video objects, comprising : 

25 

an audio/video encoder receiving said audio packets, video frames, video planes or audio/video objects on one 
input terminal, said encoder being intended to code said signal according to a compression syntax by using a 
plurality of coding algorithms, and to provide, on one output terminal, a compressed signal including coded 
audio packets, video frames, video planes or audio/video objects intended to be decompressed according to 
30 associated decoding algorithms ; 

means for determining statistic of use of at least one of said coding algorithms, and/or means for determining 
statistic of use of at least one of said decoding algorithms ; 

and means for generating a digital statistic signal representative of said statistics for each of said coded audio 
packets, video frames, video planes or audio/video objects. 

35 

36. Coding system according to claim 27, wherein said statistics determining means comprise computing means for 
counting the occurrence of use of coding modes and/or coding parameters used by the encoder for encoding said 
signal, when using said coding algorithms. 

40 37. Coding system according to claim 34 or 35, wherein said statistics determining means further comprise computing 
means for counting the occurrence of use of decoding modes and/or decoding parameters from said coding algo- 
rithms used by the encoder for encoding said signal. 

38. Coding system according to any of claim 34 to 36, further comprising means for generating a compressed output 
45 signal including coded audio packets, video frames, video planes or audio/video objects wherein each of said 

coded audio packet, video frame, video plane or audio/video object is associated with its statistics signal. 

39. Decoding system for a digital signal including coded audio packets, video frames, video planes or audio/video 
objects according to any of claims 5 to 15, comprising : 

so 

a decoder receiving said main bit string, representative of a coded audio packets, video frames, video planes 
or audio/video objects, on a first input terminal and providing, on an output terminal, a decompressed signal 
including decoded audio packets, video frames, video planes or audio/video objects, 
resource allocation means ; 

55 - means for complexity prediction receiving, on one input terminal, said secondary bit string, and providing to 
resource allocation means a decoding time prediction signal which is determined as a function of the informa- 
tion contained in said secondary bit string, said resource allocation means providing to the decoder information 
representative of the allocated decoding time. 
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40. Decoding system according to claim 38 wherein said resource allocation means comprises an operating system or 
a layer of an operating system. 

41. Decoding system according to claim 38 or 39 wherein said decoding time prediction signal is also provided to a 
5 second input terminal of said decoder. 

42. Decoding system according to any of claims 38 to 40, wherein 

said decoder comprises decoder supervisor means and audio/video decoding means, 
io - said decoder supervisor means receiving, on a first input terminal, said allocated decoding time signal and, on 
a second input terminal, said predicted decoding time signal and providing on one output terminal a degrada- 
tion directive signal, 

said decoding means receiving on a first input terminal said main bit string and on a second input terminal said 
degradation directive signal and providing on an output terminal said decompressed signal including decoded 
15 audio packets, video frames, video planes or audio/video objects. 

43. Decoding system according to claim 41 wherein said decoder further receive a complexity information signal on 
third input terminal. 

20 44. Decoding system according to claim 41 wherein said decoder further receive a decoder time reference signal and 
a target decoding time signal respectively on fourth and fifth input. 

45. Decoding system according to any of claims 41 at 43 wherein said decoding means are arranged to provide a 
decoding status signal to a sixth input of the decoder supervisor means. 

25 

46. Decoding system according to claim 44 wherein said complexity information signal is applied to said decoder 
supervisor means. 

47. Method for composing a digital signal comprising the steps of : 

30 

providing an uncompressed video element including video frames and/or video planes and/or video objects, 
textures, texts, 2 and 3 dimensional graphic primitives, 2 and 3 dimensional models to a composing device ; 
composing said video element with said composing device according to a composition syntax an/or a interac- 
tivity information, said composing device using a plurality of composing algorithms necessary to compose each 
35 of said video elements and provide a representation in a common visual representation space of the said mul- 

tiple elements, 

determining statistics of use of at least one of said composing algorithms for generating a complexity informa- 
tion 

associating to each of said video elements its own complexity information. 

40 

48. Composition method according to claim 46 further consisting in : 

providing an uncompressed digital audio element including audio packets, audio objects, synthetic audio 
objects 

■*5 - composing said audio element with said composing device according to a composition syntax, said audio com- 

posing device using a plurality of composing algorithms necessary to compose each of said audio elements 
and provide a representation in a common audio representation space 

determining statistics of use of at least one of said algorithms for generating a complexity information, 
associating to each of said audio element its own complexity information. 

50 

49. Composition method according to claim 46 or 47, wherein to each composition algorithm is associated at least one 
composition mode and/or composition parameter and wherein the statistics is based on the occurrence of use of 
composition modes and/or composition parameters. 

55 50. Method for composing a digital signal according to any of claims 46 to 48 comprising the steps of : 

(a) reading the complexity information associated to at least one of said video element and/or audio element 
(c) allocating a composition time and/or operating system resources as a function of said complexity informa- 
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tion signal for the composition process of said associated video element and/or audio element ; 

(d) sending said video element and/or audio element to composition means ; 

(e) compose in a common representation space said video element and/or audio element using said allocated 
composition time and/or operating system resources, according to a composition process, and 

5 (f) generating a common representation space including said video element and/or audio element according to 

the composition syntax. 

51. Method for composing digital video/audio elements according to claim 49 wherein the step determining composi- 
tion algorithms is also based on the occurrence of use of the composition modes and/or composition parameters 

io necessary to compose the said composition elements in a common composition space. 

52. Composition method according to any of claims 48 to 50 further comprising the step of determining a composition 
time prediction signal as a function of said complexity information ; said composition time prediction signal being 
used for the step of allocating said composition time and/or operating system resources for optimizing said compo- 

15 sition process and or composition processes. 

53. Composition method according to claim 50 wherein the step of composing the audio/video elements consists in 

generating an allocated composition time signal, 
so - sending said composition time prediction signal and allocated composition time signal to composition supervi- 
sor means ; 

generating and sending a degradation directive signal to said composition means, as a function of said com- 
position time prediction signal, allocated composition time, so as to define the use of number and type of com- 
position algorithms and degradation algorithms to be used in the composition process of said video/audio 
25 composition elements. 

54. Composition method according to claim 52 wherein the step of composing the video/audio elements further con- 
sists in : 

30 - generating a compositor time reference signal and a target composition time signal, 

sending said compositor time reference signal and said target composition time signal to composition supervi- 
sor means ; 

generating and sending said degradation directive signal to said composition means while also taking into 
account said compositor time reference signal and said target composition time signal. 

35 

55. Composition method according to claim 52 or 53 wherein the step of composing the audio/video elements further 
consists in : 

generating a compositor status signal from said composition means 
40 - sending said compositor status signal to said composition supervisor means from the said composition means 

generating and sending said degradation directive signal to said means while also taking into account said 
compositor status signal. 

45 56. Composition method according to claim 48 wherein steps (a) to (c) are carried out prior to step (e). 

57. Composition method according to any of claims 51 to 55, further comprising the step of sending said complexity 
information signal to said compositor supervisor means. 

so 58. Decoding method according to any of claims 53 to 56 wherein the step of generating said degradation directive sig- 
nal consists in associating at least a degradation algorithm to at least one composition algorithm, said composition 
algorithm and said degradation algorithm being associated to a complexity coefficient/weight representative of the 
execution time of said composition algorithm and said degradation algorithm. 

55 59. Composition method according to claim 57 wherein said complexity coefficients/weights are dependent on the 
compositor used for implementing said composition method. 

60. Composition method according to claim 57 or 58, wherein said composition time prediction signal is a function of 
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the occurrence of use of said composition algorithms and said complexity coefficients/weights according to the fol- 
lowing equation : 



5 7"(0=7- pred (f)=Xc,w,. (9), 

M 

where T is the time necessary to compose a audio/video element. T Pred is the composition time prediction of said 
audio/video element, Cj is the occurrence of said composition algorithm, and W| is the complexity coefficient/weight. 

10 

61. Composition method according to claim 59, wherein when the composition time prediction is a function of the 
occurrence of use of said composition algorithms and degradation algorithms, said degradation algorithms being 
associated to a complexity coefficient/weight. 

15 62. Composition method according to claim 59 or 60, wherein when the composition time prediction is greater than the 
allocated composition time, one uses a degradation method according to which one selects the degradation algo- 
rithm instead of its associated composition algorithm according to equation : 



20 T pwcess = X (a,", +b jWl ) + £ c^T-^ (13) 



where. T Process is the prediction time necessary to compose a audio/video element, said composition time predic- 
25 tion taking account the degradation, o, is the occurrence of composition algorithm, a; is the number the selected 
degradation algorithms. Wj CGD is the complexity coefficient/weight of the degradation algorithm, bj is the number of 
the non selected degradation algorithms, and Wj is the complexity coefficient/weight, where a f +b f = c f . so as to 
reach a T Process lesser than or equal to said allocated composition time. 

30 63. Composition method according to claim 60 or 61 , wherein said composition status signal is also used for monitoring 
the current composition time of a composition video/audio element and make sure that said current composition 
time is in conformity with the associated composition time prediction. 

64. Composition method according to claim 62, wherein if said current composition time is not in conformity with the 
35 associated composition time prediction, then said composition supervisor means uses at least one further degra- 
dation algorithm defined in claim 61 . 

65. Composition method according to claim 63 wherein if said current composition time is not in conformity with the 
associated composition time prediction, then said decoder supervisor means further uses said complexity informa- 

40 tion signal. 

66. Composition method according to any of claims 51 to 63 for a plurality of audio/video composition elements 
wherein when the composition time prediction is the sum of the composition prediction time of each of said 
audio/video composition elements, said composition time prediction being defined in claim 50. 

45 

67. Composition system for an uncompressed digital video element including video frames and/or video planes and/or 
video objects, textures, texts. 2 and 3 dimensional graphic primitives, 2 and 3 dimensional models, comprising : 

a video compositor receiving said video element on one input terminal, said compositor being intended to com- 
so pose said video element using a composition syntax using a plurality of composing algorithms, and to provide, 

on one output terminal, a representation in a common video representation space said video element ; 
means for determining statistic of use of at least one of said composition algorithms, 

and means for generating a digital statistic signal representative of said statistics for each of said composed 
video element. 

55 

68. Composition system for an uncompressed digital audio element including audio packets, audio objects, synthetic 
audio objects, comprising : 
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a audio compositor receiving said audio element on one input terminal, said compositor being intended to com- 
pose said audio element using a composition syntax using a plurality of composing algorithms, and to provide, 
on one output terminal, a representation in a common audio representation space said audio element ; 
means for determining statistic of use of at least one of said composition algorithms, 

and means for generating a digital statistic signal representative of said statistics for each of said composed 
audio element. 

69. Composition system for an audio-visual object comprising a composition system according to claim 66 combined 
with a composition system according to claim 67. 
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ABSTRACT 

The implementation of software based video 
decoders is an advantageous solution over 
traditional dedicated hardware real time systems. 
The main reason of this fact is the possibility of 
decoding several different video compression 
standards, at different levels and profiles, by just 
changing the software while using the same 
hardware platform, main memory, and interfaces. 
But, simultaneously guaranteeing real-time 
performance, needed when processing video/audio 
bitstreams, and an efficient use of the processing 
power, remains a very difficult task. 
In this paper we show the main reasons of such 
difficulties. We introduce the concept and the 
potential advantages of Computational Graceful 
Degradation (CCD) for the efficient implemen- 
tation of multimedia processors. We develop 
techniques for the application of CGD to the 
decoding of compressed video sequences. Finally, 
simulation results for the H.263 video compression 
standard are reported. The techniques can be 
virtually applied to any video compression 
standard and processor platform. 

1. INTRODUCTION 

The complexity of video decoding is a fluctuating 
function of time [1]. By complexity we mean the 
amount of algorithmic elementary operations or 
processor cycles and the bandwidth of the external 
frame memories necessary to decode a bitstream. 
These figures give a generic but sufficiently 
accurate estimation of the needed processing power 
and of the complexity of the internal data flow 
handling. Even considering a specific processor 
platform, a specific compression standard, with a 
relative level and profile, the complexity of video 
decoding is a variable quantity. Specific figures of 
decoding complexity depend in a complex way on 
many different factors. We can mention, for 
instance, the actual bitrate, the image content, the 
options actually used for coding, the GOP structure 
which can be dynamically changed, the state of the 



buffer that controls the quantization parameters and 
many others [1,2]. The complexity variability range 
increases with the richness of the standard (number 
of implemented coding modes and possible options 
having different complexities). It is higher for 
H.263 if compared to H.261, for instance, and it is 
expected to be very high for the new MPEG-4 
standard under development. 
Dedicated hardware platforms can guarantee worst 
case complexity decoding. In contrast, in the case 
of programmable platforms such a guarantee would 
imply the allocation of a processing power up to 
two orders of magnitude higher than the one 
actually needed for an average decoding [1,2]. 
Conversely, a theoretical average value is not 
useful for an efficient scheduling of a decoding 
task. The average value of the actual sequence is 
not stationary, and its variation around the 
theoretical average one are so unpredictable that no 
useful scheduling policy can be realized. The first 
straightforward option is a sustained over-sizing of 
the processing resources. The second is to accept 
interruptions to the audio/video output stream when 
the needed decoding resources exceed the ones 
available on the system. Obviously both are not 
desirable being respectively not economical, or 
providing a quality of the services which may 
easily results perceptually unacceptable. 

2. COMPUTATIONAL GRACEFUL 
DEGRADATION (CGD) 

The main idea of CGD is to make available results 
of poorer quality when the results of the desirable 
quality cannot be obtained in real time. When the 
complexity of the task exceeds the available 
processing power, real time services, possibly of 
degraded quality, are nevertheless provided 
respecting all real-time constraints. This approach 
makes the guarantee of the correct scheduling of 
tasks possible, even when the computational system 
load fluctuates. 

The concept of graceful system degradation using 
imprecise results has been previously introduced in 
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the field of real time computing with applications to 
control system and automation. In these contexts 
imprecise results are defined as intermediate results 
with the property that the more recent and 
intermediate result is the closer one that 
approximates the final result (i.e. the idea only 
works in monotonically improving computations) 
[3,4,5]. In these cases the problems to be solved are 
more concerned with fault tolerance, I/O overloads, 
stability and reactivity to unexpected inputs, and 
the proposed techniques are not suitable for our 
purposes. 

In contrast, our goal is to be able to provide real- 
time video and audio with possible degradations of 
the peak signal to noise ratio (PSNR). Such 
alternative is certainly much more desirable than 
straightforward options such as cutting image 
portions or simply skipping frames. These latter 
options can have catastrophic consequences on 
prediction based coding systems. In H.263 systems, 
for instance, skipping the decoding of a single 
frame or a portion of it, implies the skipping of all 
future incoming frames (or portion of them) before 
the next incoming intra frame. The time interval of 
such skipping operation might cover many seconds 
and the information content loss might be very 
relevant. Such abrupt interruptions, which are 
perceptually very annoying, might be caused by the 
simple fluctuation of the decoding complexity load, 
but they could also be caused by the fluctuations of 
the load of other processing tasks which reduce the 
available processing resources. Moreover such 
events in general are out of the control of the audio 
video system and cannot be easily forecasted. 
Considering these facts it is evident the importance 
of techniques able to filter out decoding peak loads 
or able to reduce the average decoding computation 
load without causing perceptually annoying 
consequences. 

In contrast with what could be commonly thought 
also the classical multi-resolution features such as 
spatial or temporal scalabilities are not really useful 
for our goal. In general they are used to optimize 
the transmission bandwidth occupation enabling the 
compatibility of services at different bitrates and 
spatial resolutions and, more important, they must 
be embedded in the original bitstream at the 
encoder side. If they are not embedded, the changes 
of resolution at the decoder size can results more 
computationally expansive than the simple 
decoding at the given resolution. 

2. DEGRADATION MODES 

The decoding operations of a video compression 
algorithm can be divided inio two main categories: 



1) operations that cannot be simplified since they 
may prevent the extraction and usage of 
relevant coding information, 

2) operations that can be simplified, possibly 
leading to imprecise or degraded video results. 

To the first category typically belong all bitstream 
parsing operations, entropy decoding (i.e. VLD and 
arithmetic coding), and all operations related to 
synchronization and to the syntax of the decoding 
process. For these operations no degradation mode 
definition is possible, otherwise it would imply 
skipping image portions or entire frames since 
either the data or the coding modes are lost. 
To the second category belong operations such as 
the IDCT, the prediction with and without motion 
compensation in its various forms (PB/B-frame 
prediction, overlapped block motion compensation 
(OBMC), half pixel interpolation and so on). 
Simplifications of such operations applied to pixels 
or transform coefficients are always possible but at 
the expenses of imprecise results. The challenge 
can be expressed as follows: given a specific 
compression standard, software and processor 
architecture implementing it, find the maximum 
complexity reduction versus the minimum image 
quality degradation (usually measured in PSNR). 
In this paper we consider the H.263 video 
compression standard describing some possible 
degradation modes. Simulation results presenting 
the amount of complexity reduction and the 
corresponding PSNR degradations are also 
reported. 

2.1 IDCT SIMPLIFIED MODES 

IDCT on a 8x8 block can be decomposed into 16 
IDCT operation on a 8x1 block, or on IDCT 
considering only the lowest 4x4 or 2x2 coefficients. 
Skipping higher order 8x1 IDCT or enabling 
processing only 2x2 or 4x4 coefficients constitutes 
some alternatives which are less complex than the 
standard 8x8 IDCT. Obviously these less 
demanding alternatives yield a filtering of the high 
frequency possibly contained in the higher order 
coefficients 

2.2 SIMPLIFIED PREDICTION MODES 
Many prediction modes can be simplified at the 
expenses of some PSNR degradations. In particular 
the most complex such as the OBMC with or 
without half-pel motion compensation can yield 
relevant complexity decreases of both 
computational complexity and memory bandwidth 
by implementing simpler algorithms. 
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3. SIMULATION RESULTS FOR 
H.263 VIDEO COMPRESSION 

The H.263 public available Telenor software 
implementation has been modified introducing new 
degradation decoding modes for IDCT, inverse 
quantization, OBMC, motion compensation and 
macroblock prediction. All logical, arithmetical, 
and data conversion operations have then been 
overloaded by appropriate C++ operators enabling 
an accurate count of all executed instructions. The 
complexity evaluation technique has been validated 
on a UNIX UltraSPARC platform measuring the 
actual number of clock cycles used by the decoding 
process. The processor cycle count results, with a 
very good approximation, proportional, frame by 
frame, to the instruction counts made by the C++ 
operators. A simple control mechanism has been 
also implemented to target a quasi constant 
complexity decoding. The complexity of such 
mechanism has obviously been included in the 
complexity count. The simple control algorithm 
consists of checking at each image slice if the 
amount of complexity used so far exceeds the one 
set by the target. The hypothesis is to assume a 
need of processing power linearly increasing with 
the number of macroblock. If the complexity used 
exceeds the target, degradations modes are 
progressively enabled, otherwise they are 
progressively disabled. 

Simulation results of the described CGD modes and 
the simple complexity control algorithm are 
provided in the graphs of Fig. 1 and Fig. 2. The 
CIF sequences Akiyo and Coastguard have been 
coded at 128 kb/s with H.263 enabling advanced 
prediction modes. The top graph reports the 
instruction count in million of operations per frame 
and the bottom graph the resulting image PSNR. 
The solid curves report the results for the standard 
decoding while the dashed curve presents the 
results of the decoding using the CGD and the 
complexity control technique. The aim of these 
experiments is twofold: to show that results at 
constant complexity decoding are possible and to 
estimate the range of the achievable complexity 
reductions without the loss of image portions. For 
the H.263 standard, implemented by the Telenor 
package, sustained sequence decoding using from 

100% down to only 40% in average of the 
theoretically needed complexity are possible. The 
amount of PSNR degradations can range from 
fractions of dBs when the complexity reductions 
amount to about 10 or 20% up to the results 
presented in the diagrams in case of 50 or 60% of 
complexity reduction. The results reported on the 
graphs clearly show that not only the decoding 



complexity of the standard decoding presents 
spikes, but that also the average complexity value is 
quite different for the two considered test 
sequences. The results on other test sequences, not 
reported here for brevity, confirm these 
observations. The implementation of CGD and 
control technique instead enables the a priori 
setting of the complexity guaranteeing the 
possibility of a scheduling of each decoding task 
that satisfy real time constraints. Although the 
resulting image quality loss might range up to a few 
dB, it is nevertheless visually acceptable as shown 
in Fig.3 and 4. The results obtained with a PSNR 
degradation are certainly much more desirable than 
introducing sudden interruptions and image content 
losses to the video sequence. 
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Figure 1. Top, instruction counts for each PB 
frame couple and bottom, corresponding PSNR 
results for the Akiyo sequence coded at 128 kbit/s. 
Solid line normal decoding, dashed line CGD 
decoding. 



coastouard128 Graceful Degradation 




Figure 2. Top. instruction counts for each PB frame 
couple and bottom, corresponding PSNR results for the 
Coastguard sequence coded at 128 kbit/s. Solid line 
normal decoding, dashed line CGD decoding. 



4. CONCLUSION 

We have introduced the motivations and concept of 
CGD for the implementation of video/audio 
decoders on processor based platforms. Some 
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example of possible degradation modes and 
simulation results have been provided for the 
decoding of H.263 video bitstreams. The 
complexity measure employed is general, and can 
be easily adapted to any specific processor 
architecture by setting the operation count of each 
C++ overloading operator so as to appropriately 
consider the implemented parallel operations and 
functions. 




Figure 3. Frame 100 of the sequence Akiyo coded at 
128 kbit/sec with H.263. Top standard decoding, bottom 
CGD decoding. 

Obviously CGD techniques are not proposed to be 
used at their maximum degradation rate but as a 
tool able to smooth out sequence sections having a 
complexity higher than the expected average. They 
can also be seen as a way to ease the scheduling 
problems given by temporary fluctuation of the 
available processing power. Such approach may 
enable the successful implementation of video 
decoding for profiles or at levels which could be 
not be guaranteed when considering the complexity 
needed in the worst case. Further work in necessary 
to investigate algorithms able to provide the 
minimum degradation for the given complexity 
budget. Other techniques able to estimate the actual 



decoding complexity need of incoming frames 
without the need of decoding are necessary to 
guarantee the optimality of the procedure. 
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Figure 4. Frame 30 of the sequence Coastguard at 128 
kbit/sec. Top standard decoding, bottom CGD decoding. 
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